This paper uses a method of incorporating simultaneous masking into the calculation of a linear predictive filter (SMLPC) as the front end to a 2kbps wavefonn interpolation (WI) speech coder. A modification to the masking threshold calculation used in SMLPC is proposed. This modification improves the performance of SMLPC in noise like sections by placing greater emphasis on strongly voiced speech. MOS test results reveal that the modified SMLPC improved the perceptual quality of the WI coder. The improvement is significant for female speakers whilst the quality for male speech is virtually unchanged. This result conflicts with previous results reported for SMLPC where only male speech was improved. The change is attributed to the modification of the masking threshold and confinns that adapting the masking threshold according to the pitch of the speech will allow SMLPC to remove more perceptually important information from all input speech than standard LPC.
INTRODUCTION
Linear prediction is widely used in current speech compression algorithms as an efficient means of reducing redundancy in the input speech. Redundancy is reduced by removing the short term correlation's of the input signal. This in effect, is achieved by minimizing the error between the filters power spectrum and the power spectrum of the input speech. In standard linear prediction this error is minimized equally across the entire frequency spectrum of the input speech. This approach fails to exploit many of the well known perceptual properties of hearing. A well known and often exploited perceptual property is simultaneous masking. Siinultaneous masking occurs in the frequency domain when a high amplitude sound causes adjacent lower amplitude sounds to become inaudible [I] . This paper employs a method of incorporating simultaneous masking into the calculation of linear prediction coefficients (SMLPC) detailed in [2] , as the front end to a Wavefonn Interpolation (WI) [3] based speech coder. This modification to the calculation o f the Linear Predictive Coefficient's (LPC) has been shown in [2] to remove more of the perceptually important information from the input signal than standard LPC filtering. An overview of the SMLPC technique is contained in section 2.
The coder utilised in this paper is a low rate adaptation of the WI paradigm proposed by Kleijn [3] . The WI paradigm involves firstly LPC filtering the input speech. The residual signal is then separated into pitch cycles and these pitch cycles are used to 0-7803-64 1 6-3/00/$10.0002000 IEEE form a 2 dimensional wavefonn which evolves on a pitch synchronous nature. This waveform is decomposed into Slowly evolving and Rapidly evolving waveforms (SEW/ REW). The SEW and REW are quantised separately before being reconstructed and recombined in the decoding stage. The coder developed for this paper is designed to operate at 2kbps and its' structure is further detailed in section 3.
SIMULTANEOUSLY MASKED LINEAR PREDICTIVE COEFFICIENTS (SMLPC)

Overview of Technique
A Block diagram of the SMLPC method is shown in Figure 1 .
Initially the input speech is transformed to its Power Spectrum via a Fast Fourier Transform (FFT). A masking threshold function is then calculated. This hnction is based on the model detailed in [4] . The model firstly divides the power spectrum into critical bands and calculates the total energy in each band. The band energy is then reduced by an amount according to the band number and the tonality of the input speech. The resultant value is the masking threshold for each critical band. The masked input frequencies are then determined. This is achieved by comparing the power spectrum of each discrete frequency to the masking threshold for that frequency. If the power spectrum is less than the threshold, the frequency is deemed masked. A modified power spectrum is then produced by taking those frequencies deemed masked and zeroing their value. This results in a power spectrum that contains only unmasked information. Recognising that the autocorrelation of a discrete stochastic signal is the inverse Discrete Fourier Transform (IDFT) of the power spectrum, the perceptually altered power spectrum is transformed to the autocorrelation function of the unmasked speech. A perceptually altered Linear Predictor can now be easily calculated using the Levinson Durbin recursion [5] .
It has been reported previously that the SMLPC technique produces a more accurate representation of the input speech spectra in unmasked regions of the spectrum than standard LPC techniques [2] . This improved accuracy allows the SMLPC to remove more of the perceptually important (unmasked) information from the input speech signal. Thus the resultant residual signal remaining after filtering with SMLPC contains less perceptually important information than if a standard LPC technique was employed.
Input '
Speech
Modifications to the Original SMLPC
Initial perceptual testing carried out for this paper indicated that the SMLPC technique caused some audible chirps to be present in silent sections of synthesised speech that were not present if standard LPC was used. This problem became particularly evident for noisy input speech. Investigation revealed the cause of the distortion to be the masking threshold function used.
The masking threshold function used in [2] is equal to the energy contained in each critical band reduced by the value Oi calculated in equation 1 below:
Conversion to Generate Power Spectrum via Power FFT Spectrum
Where i represents the critical band number, G 7 7 is geometric mean and AI, the arithmetic mean. The values of 14.5 and 7 are constants calculated experimentally. This calculation is based on the results of psychoacoustic testing [4] . Whilst this threshold has been successful in optimizing quantisation schemes [4] , it is not suitable for modified spectral modeling such as SMLPC. This is due to the fact that it designates virtually the entire spectrum as masked for inputs that exhibit a flat power spectrum such as white noise. This characteristic caused SMLPC to introduce distortion as the remaining spectrum contained to few samples to successfully generate the filter coefficients. Recognising that SFM is the spectral flatness measure and provides an indication of the tonality of the input speech, a new calculation for generating the masking threshold function was developed. This calculatuion is shown in equation 2. 
Coder Configuration
The structure of the coder is as detailed in [3] with modifications to reduce the bit rate to 2kbps. These modifications involve using a new pulse modeling mechanism for reconstruction of the SEW waveform and phase matching when recombining the REW and SEW waveforms.
The use of a pulse model for the SEW waveform allows no bits to be used for transmission of this parameter. The model used is based on the Zinc function which is defined in the discrete time domain as [6] :
The zinc model has been found to be superior in modeling LPC residual and is widely used in time domain Analysis by Synthesis (AbS) schemes where the parameters A,B and R are selected to minimize the error between the pulse and the residual signal. To allow the zinc pulse to be used in the WI format the pulse was translated to the frequency domain via the DFT. This allows convenient interpolation between adjacent pulses of different lengths via zero padding. For low rate coding the parameters A,B and Lcannot be transmitted due to bit rate constraints. It was found that speech of high perceptual quality could be produced by setting R to zero and the values of A and B equal to equation
4.
This implies that the pulse height is implicitly contained in the REW waveform and allows the pulse height to be dynamically varied according to magnitude of the REW waveform. Thus for sections with a high noise content the pulse is small and vice versa. Setting R to zero forces the zinc pulse to be only positive.
Whilst this would appear to be sub optimal, perceptual testing indicated a preference for this configuration. This indicates that for low rate WI coding a waveform that is smoothly evolving and thus easily interpolated is more important than accurate reconstruction of the waveform.
As all phase information is discarded, measures must be taken to achieve the optimal recombination of the SEW and REW and to ensure that the REW does not introduce an extra pulse into the reconstructed section. The coder achieves this by matching the REW phase to that of the SEW below SOOHz, whilst the REW phase remains random above this. This ensures the phase of the reconstructed section is matched to the SEW phase below 800hz and is a combination of the ratio of SEW to REW phase above this figure. Matching the low frequency phase where the SEW magnitude is dominant ensures these low frequencies are aligned in the time domain and thus produce a degree of temporal masking around the SEW pulse. This masking helps to achieve a smooth recombination of the waveforms and removes hiss from the reconstructed signal. The above approach achieves better perceptual results than the previous method of time aligning the entire SEW and REW waveforms at a lower computational cost.
The coder allocates 26 bits for the LSF parameters, 10 bits for the power, six bits for the pitch and 8 bits for the REW waveform per frame, with a frame size of 25ms. This requires an overall bit rate of 2kbps
EXPERIMENTAL RESULTS
Experimental Procedure
The coder detailed in section 3 was used to code IO input speech sentences (5 male,5 female) from the TIMIT database. To ensure an unbiased evaluation of SMLPC's effect on the perceptual content of the residual signal, the LSF parameters were not quantised. This ensured the results indicate only the perceptual characteristics of SMLPC and were not affected by quantisation errors of the LPC parameters.
MOS testing was carried out on the coded speech files. The results of the test is shown in table 1.
Experimental Results
increased threshold may cause perceptually important infonnation in some of the closely spaced formants in male speech not to be modeled by SMLPC. This observation reinforces the argument of [2] that adapting the masking threshold according to pitch would produce the optimal performance for SMLPC in removing the maximum amount of perceptually important information from the input speech.
In the configuration used for this comparison SMLPC significantly improves the performance of a WI based coder for female speakers and gives an overall improvement of 0.14 MOS for all speakers. These results indicate that SMLPC should improve the performance of all WI based coding techniques.
CONCLUSION
Incorporating SMLPC into a WI coding structure led to an improvement in the perceptual quality of the synthesized speech. The improvement in female speech was significant whilst the quality of male speech was virtually unchanged. This result is in contrast to those reported previously for SMLPC where a large improvement in male speech was reported. The variation is due to modifications made to the masking threshold calculation in this letter. This modification increased the masking threshold for strongly voiced speech, which in tum enhanced the performance for female speech which exhibits widely spaced harmonics.
The results confirm that adapting the masking threshold calculation according to the pitch of the input speech will produce optimal performance for the SMLPC technique. This adaptation will allow SMLPC to remove more perceptual information from the input signal than standard LPC for all speech. This property enables SMLPC to improve the perceptual quality of low rate speech coders such as WI where the residual signal is coded quite coarsely due to bit rate constraints. The results shown in table 1 indicate that the SMLPC provided a significant improvement in the quality of female speech whilst the quality of male speech remained virtually unchanged. This result is in contrast to those reported in [2] which showed a large improvement in the quality of male speech. This change in performance is due to the modification to the masking threshold calculation reported in 2.2. The change increases the masking threshold for very voiced (tonal) speech and reduces the threshold for unvoiced (noise) speech. This allows the more widely spaced formants in female speech to have a greater effect in the masking calculation than previously. Conversely the
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